This work proposes a novel cross-layer link performance prediction (LPP) model and link adaptation (LA) strategy for soft-decoded multiple-input multiple-output (MIMO) bit-interleaved coded orthogonal frequency division multiplexing (BIC-OFDM) systems employing hybrid automatic repeat request (HARQ) protocols. The derived LPP, exploiting the concept of effective signal-to-noise ratio mapping (ESM) to model system performance over frequency-selective channels, does not only account for the actual channel state information at the transmitter and the adoption of practical modulation and coding schemes (MCSs), but also for the effect of the HARQ mechanism with bit-level combining at the receiver. Such method, named aggregated ESM, or αESM for short, exhibits an accurate performance prediction combined with a closed-form solution, enabling a flexible LA strategy, that selects at every protocol round the MCS maximizing the expected goodput (EGP), i.e., the number of correctly received bits per unit of time. The analytical expression of the EGP is derived capitalizing on the αESM and resorting to the renewal theory. Simulation results carried out in realistic wireless scenarios corroborate our theoretical claims and show the performance gain obtained by the proposed αESM-based LA strategy when compared with the best LA algorithms proposed so far for the same kind of systems.
Introduction
To meet the demanding need for ever increasing data rate and reliability, orthogonal frequency division multiplexing (OFDM), bit-interleaved coded modulation (BICM) [2] , spatial multiplexing (SM) via multiple-input multipleoutput (MIMO) [3] , adaptive modulation and coding (AMC) [4] , and hybrid automatic repeat request (HARQ) [5] are well-known techniques currently adopted, as advanced LTE (LTE-A) [6] , and envisaged to be exploited in the future wireless systems [7] . To be specific, the HARQ technique combines the automatic repeat request (ARQ) mechanism with both the channel coding error correction and the error detection capability of the cyclic each transmission round, at bit-level, i.e., by accumulating the bit log-likelihood ratio (LLR) metrics [9] .
Background and related works. In the literature, a considerable effort has been put in quantifying the performance limits for HARQ-based transmissions, mainly focusing on the ergodic capacity and outage probability [10] [11] [12] . In [10] , an information-theoretical study about the throughput of HARQ signaling schemes is given for the Gaussian collision channel. Then, starting from [10, 11] presents a mutual information (MI) based analysis of the long-term average transmitted rate achieved by HARQ in a block-fading scenario, which allows to adjust the rate so that a target outage probability is not exceeded. In [12] , the optimal tradeoff among throughput, diversity gain, and delay is derived for an ARQ block-fading MIMO channel with discrete signal constellations.
In order to further enhance the system performance, the HARQ approach can be made adaptive by applying link adaptation (LA) strategies that do not only account for the information coming not only from the physical layer, but also from the higher layer schemes based on packet combining, so obtaining a cross-layer optimization of the link resource utilization. Most of the works considering such an issue, however, focus on theoretical performance limits based on capacity and channel outage probability, as in [13] [14] [15] [16] [17] . Specifically, [13] investigates the problem of power allocation for rate maximization under quantized channel state information (CSI) feedback, [14] adapts the transmission rates using the outdated CSI, whereas [15] proposes two power allocation schemes: one minimizes the transmitted power under a given packet drop rate constraint and the other minimizes the packet drop rate under the available power constraint. Note that in [13] [14] [15] , IR HARQ is considered to optimize performance under narrowband fading channels. In [16] , user and power are jointly selected in a multi-user contest under slow-fading channels and outdated CSI to maximize system goodput (GP), whereas [17] proposes a user, rate, and power allocation policy for GP optimization in multi-user OFDM systems with ACK-NACK feedback.
Only few recent works, however, consider practical modulation and coding schemes (MCSs). In [18] , the outlined AMC algorithm maximizes the spectral efficiency under truncated HARQ for narrowband fading channels. A power minimization problem under individual user GP constraint is tackled in [19] for an orthogonal frequency division multiple access (OFDMA) network employing type II HARQ and only statistical knowledge of CSI. The work in [20] proposes the selection of the MCS to maximize GP performance in MIMO-OFDM systems under CC HARQ, where the packet error rate is evaluated through the exponential effective SNR mapping (ESM) method (EESNR). A similar approach is proposed in [21] , although the physical layer performance is modeled using the MI based effective SNR (MIESM).
Rationale and contributions. In this paper, we propose a novel cross-layer link performance prediction (LPP) methodology for packet-oriented MIMO bit-interleaved coded (BIC)-OFDM transmissions which accounts for (i) practical MCSs, (ii) the HARQ mechanism with bit-level combining at the receiver, and (iii) the CSI information at the transmitter. The method allows the derivation of an LA strategy which is capable of selecting the MCS that maximizes the number of information bits correctly received per unit of time, or GP for short, at the user equipment (UE). The main features of the proposed method and the relevant improvements compared with the literature are outlined as follows.
The proposed LPP model, named aggregated ESM,
or αESM, relies on the ESM concept [22] , which enables the prediction of the performance of a multicarrier system affected by frequency-selective fading by compressing all the per-subchannel (identified by the pair subcarrier and spatial stream) SNRs into a scalar value representing the SNR of a coded equivalent binary system working over additive white Gaussian noise (AWGN) channel.
• The LPP we put forward exhibits an accurate performance prediction combined with a closed-form solution which makes it eligible for practical implementation of LA algorithms. Indeed, at the generic protocol round (PR) of a given packet, the αESM is obtained recursively, by combining the aggregated effective SNR (ESNR), that stores the performance up to the previous retransmission (step − 1), with the actual ESNR at PR , which depends on the current CSI and choice of the MCS.
2. The proposed αESM is derived from the ESM method originally proposed in [23] as κESM, by taking into account the per-subchannel SNRs along with the HARQ mechanism. The key idea of the αESM method is to properly combine together the bit LLR metrics relevant to the retransmissions of the same packet, with the result of increasing decoding reliability. Specifically, the combined bit LLR metrics are characterized following an accurate method based on the cumulant moment generating function (CMGF).
• The αESM is shown to overcome the limitations exhibited by [20, 21] , where the MCS used in the subsequent retransmission is identical with that originally chosen, in that the LPP works with CC only. Conversely, since the proposed method has the inherent possibility of choosing the MCS optimizing the GP metric within the retransmissions of the same packet, as a result, it enables a much more flexible LA strategy.
3. The formulation of the GP at the transmitter, named expected goodput (EGP), is derived resorting to the renewal theory framework [24] and the long-term channel static assumption [20, 21] . The goal is, indeed, to obtain a reliable performance metric that can lead to a manageable LA optimization problem. Towards this end, both theoretical and numerical analyses are employed throughout the paper to corroborate our claims and findings. 4. Finally, simulation results carried out over realistic wireless channels testify the advantages obtained employing the proposed LA strategy based on the αESM, when compared with the best algorithms known so far.
Organization. The rest of the paper is organized as follows. Section 2 describes the HARQ retransmission mechanism and the MIMO BIC-OFDM system. In Section 3, after a brief rationale and review of the κESM LPP, the proposed αESM model is derived. Section 4 derives the EGP formulation and describes the proposed GP-oriented (GO) LA strategy. Finally, Section 5 illustrates the numerical results, whereas in Section 6, a few conclusions are drawn.
Notations. Matrices are in uppercase bold, column vectors are in lowercase bold, [ ·] T is the transpose of a matrix or a vector, a i,j represents the entry (i, j) of the matrix A, × is the Cartesian product, calligraphic symbols, e.g., A, represent sets, |A| is the cardinality of A, A(i) is the ith element of A, · denotes the ceil function, and E x {·} is the statistical expectation with respect to (w.r.t.) the random variable (RV) x.
System model
In this section, we first describe the HARQ retransmission protocol. Then, the MIMO BIC-OFDM signalling system is outlined.
HARQ retransmission protocol
In order to enable reliable and spectral efficient packet transmissions, a HARQ retransmission protocol, with a maximum of L rounds, is jointly designed along with an AMC mechanism. The information to be transmitted is conveyed by packets (typically IP packets) received from the upper layers of the stack, i.e., layer 3 and above, and stored in an infinite-length buffer at the data link layer. At the radio link control (RLC) sublayer, each packet is mapped into a RLC protocol data unit (PDU) made of the three sections: (i) header, with size N h ; (ii) payload, with size N p ; and (iii) CRC for error detection, with size N CRC . As shown in Fig. 1 , at the generic PR ∈ L PR {1, · · · , L}, the RLC-PDU is encoded with a code rate r ( ) ∈ D r {r 0 , r 1 , · · · , r max }, thus producing N After the transmission of each packet 1 , the receiver sends back a 1-bit feedback about the successful (ACK) or unsuccessful (NACK) packet reception. Whenever a NACK is received, the transmitter sends again the packet by encoding it with either the same puncturing pattern, a different subset of redundancy bits, or a tradeoff, according to the type of HARQ. This goes on until the transmitter receives an ACK or the maximum number of retransmissions L is reached. For both cases, the packet is removed from the buffer and the transmitter moves on sending the subsequent ones. At the receiver side, according to the HARQ scheme, for a given packet, the previously unsuccessfully received copies are stored and combined with the new received ones, thus creating more reliable metrics [5] . Since at each PR a different symbol mapping per subchannel may be applied, it is not possible to pre-combine received symbols. Hence, the packet combining strategy consists of accumulating the bit LLR metrics [9] , as explained in detail in the following sections.
MIMO BIC-OFDM system
At the PR ∈ L PR , the N ( ) c coded bits are randomly interleaved and mapped onto the physical resources available in the space-time-frequency grid of the MIMO BIC-OFDM system, whose equivalent block scheme is depicted in Fig. 1 . Specifically, we consider a MIMO BIC-OFDM system with N available subcarriers, N T transmit and N R receive antennas, employing SM and uniform power allocation across the subchannels. We further assume a block-fading channel model and spatially uncorrelated antennas. Moreover, denoting with H ( ) n ∈ C N R ×N T , the channel matrix over the nth subcarrier, n ∈ N {1, · · · , N}, whose generic entry in 
where 
Thus, at most, the system consists of C = N · M parallel subchannels. In the following, A1) we assume the CSI H ( ) n , ∀n ∈ N , to be known at the transmitter side.
Specifically, with reference to Fig. 1 , the interleaved sequence of punctured coded bits is subdivided into subsequences of m ( ) n,ν bits each, which are gray-mapped onto the unit-energy symbols x
Further, let us denote ( ) (·, ·, ·) as a function mapping the punctured N ( ) c coded bits, out of theN c coded bits at the output of the mother code, into the label bits of the QAM symbols transmitted on the available subchannels, summarizing the puncturing, interleaving, and QAM mapping functions. Specifically, ( ) (j, n, ν) = k means that the coded bit b According to the SM approach, each sequence of
After that, the sequencesx ( ) n , ∀n ∈ N , are mapped onto the frequency symbols y
to which conventional inverse discrete Fourier transform (DFT), parallel-to-serial conversion, and cyclic prefix (CP) insertion are applied. The resulting signal is then transmitted over a MIMO frequency-selective blockfading channel, using N
At the receiver side, after CP removal and DFT processing at each antenna, we get
where r
n,ν 1 ,ν 2 introduced before (1), and w
is the thermal noise vector, whose generic entry is a zero-mean circular symmetric complex Gaussian RV with standard deviation σ ( ) n,ν . After demultiplexing the received vectors r ( )
, ∀n ∈ N , are built and SM post-processing via U ( ) n , the output samples over each subcarrier are obtained as [25] 
where the elements of ς
the same distribution as those of w ( ) ν 1 . The MIMO BIC-OFDM channel can thus be seen as a set of C parallel subchannels, represented by the diagonal matrix
Finally, the receiver evaluates the soft metrics, followed by de-interleaving and decoding.
Link performance prediction for HARQ-based MIMO BIC-OFDM systems
This section is organized as follows. In Section 3.1, the rationale underlying the LA strategy and LPP method is recalled. In Section 3.2, the concept of the κESM ESNR technique for MIMO BIC-OFDM systems with simple ARQ mechanism is briefly summarized. Finally, in Section 3.3, the novel LPP method, named αESM, is derived for HARQ-based MIMO BIC-OFDM systems with bit-level combining.
Rationale of the adaptive HARQ strategy
The approach to follow is to properly choose the parameters of the system described in Section 2.2, e.g., modulation order and coding rate, in order to obtain the best link performance. Such LA strategy can be formalized as a constrained optimization problem where the objective function, representing the system performance metric, is optimized over the constrained set of the available transmission parameters. Specifically, for a packet-oriented system, information-theoretical performance measure based on capacity, which relies on ideal assumptions of Gaussian inputs and infinite length codebooks, is inadequate to give an actual picture of the link performance [26] . More suitable metrics have been recently identified as the packet error rate (PER) and the GP [20, 21, 26] , which in turn depends on the PER itself. Therefore, a simple yet effective link performance prediction method is required, accounting for both the CSI as well as the information coming from different techniques that further improve the transmission quality, i.e., the HARQ mechanisms with bit-level combining. In the sequel, we will focus on LPP techniques based on the wellknown ESM concept, which has been shown to be the most effective framework to solve this issue, especially for multicarrier systems [22] .
Background on the κESM LPP model
In multicarrier systems, where the frequency-selective channel introduces large SNR variations across the subcarriers and practical modulation and coding schemes are adopted, an exact yet manageable expression of the PER reveals to be demanding to derive. Due to these above reasons, ESM techniques are successfully employed, according to which the PER depends on the SNRs on each subcarrier through a scalar value, called ESNR. The latter represents the SNR of a single-carrier equivalent coded system working over AWGN channel, whose performance can be simply evaluated either off-line according to analytical models [27] . Within the ESM framwork, the κESM method, proposed for MIMO BIC-OFDM systems in [23] , shows a remarkable tradeoff between accuracy and complexity when ARQ mechanisms are applied without any combining at the receiver. Such technique is based on the in-depth statistical characterization of the soft metrics at the input of the decoder, i.e., the bit LLR metrics ( ) k , which, for the kth transmitted coded bit b ( ) k at th PR, reads as
where ( ) (j, n, ν) = k is the mapping function defined in Section 2.2 after (1),
denotes the bit decoding metric, b k is the complement
represents the subset of all the symbols belonging to the modulation adopted on the subchannel (n, ν), whose jth label bit is equal to a, whereas z ( ) n,ν is the generic entry of the vector z ( ) 
given by (4) . If coded bit b ( ) k is not transmitted, i.e., it is punctured at PR , note that ( ) k 0. After a few approximations, it is shown in [23] that the PER performance of the coded MIMO BIC-OFDM system over frequencyselective channel is accurately given by that of a coded BPSK system over AWGN channel having SNR equal to the κESM ESNR
where
with ψ m
being the constant values depending on the modulation order adopted on subchannel (n, ν) at PR . Expression (7) comes from the CMGF κ ( ) (ŝ) log E eˆs
k given by (5) evaluated at the saddlepointŝ = 1/2 and, specifically, [23] .
From (7)- (8), it has to be pointed out that γ ( ) depends on the modulation order adopted on each subchannel given ( ) .
The αESM model
In this section, we introduce the concept of aggregate ESNR mapping, or αESM for short, in order to predict the performance of the system of interest under HARQ mechanism. Specifically, by extending to the HARQ context, the method presented in [28] for the estimation of the pairwise error probability (PEP), the key idea of the αESM we will propose is built upon two concepts: (i) the decoding score, a RV whose positive tail probability yields the PEP [28] , and (ii) the equivalent binary input output symmetric (BIOS) model of the BICM scheme [2] applied to the MIMO BIC-OFDM system described in Section 2.2. According to the latter, at each PR ∈ L PR and for each of the N ( ) OFDM symbols during such round, the MIMO BIC-OFDM channel is modeled as a set of
parallel BIOS channels. We recall from Section 2.2 that
. From now on, for the sake of simplicity but w.l.g., we assume that only one OFDM symbol is sufficient for the transmission of the N ( ) c -bit-long codeword, so that the dependence on the OFDM symbol index is avoided. In particular, we have
Considering that the exact estimation of the PER for the system at hand is a demanding problem, we will first evaluate the PEP expression, then resort to the standard union bound. The one-to-one mapping between the codeword and the associated vector of modulation symbols allows us to express the PEP as follows. Let c ( ) c ( )
be the reference codeword (corresponding to the transmitted RLC-PDU at the th PR) at the output of the puncturing device and c ( ) c ( )
the competing codeword, being c ( ) i the ith coded bit after puncturing. Besides, let us define ( ) 
, where b
is the kth coded bit prior to puncturing. Then, upon denoting the reference and competing codewords as b ( ) 
, respectively, the PEP results as
where λ(·) is the soft decoding metric depending on the chosen decoding strategy. In the sequel, we will first recall the case where no bit combining is performed [28] , and then, we will extend this approach to the bit-level combining receiver, which represents the novel contribution of the work.
No bit combining at the receiver. With reference to the equivalent BIOS model of the MIMO BIC-OFDM system as depicted in Fig. 2 , the following observations hold.
• The input to the i th BIOS channel,
, which is mapped in the j th position of the label of the QAM symbol x
• The output is the bit log-likelihood metric ( ) k , also named bit score, evaluated as in (5).
• The decoder metric for the reference codeword b ( ) is the BICM maximum a posteriori metric results as [28] 
where λ j (·, ·) is the decoding metric associated to bit b
, evaluated according to (6) , whereas that one for the competing codeword b ( ) is obtained as Hence, the pairwise decoding score (PDS) relevant to the transmitted codeword b ( ) with respect to b ( ) can be written as 2 where the LLR bit metric
is defined by (5).
Therefore, upon plugging (11) evaluated for both b ( ) and b ( ) in the PEP expression (10), after some algebra, we obtain
Bit-level combining at the receiver. The optimal receiver that accounts for the combination of all the received copies should perform a joint decoding of the pairwise decoding scores over all the possible L transmissions. However, it would result in an unfeasible complexity, exponentially increasing with L [29] . On the other side, exploiting the bit-level combining offers an effective trade-off between performance and complexity [30] . Accordingly, this is the approach we will pursue in the sequel. The decoding metric in (11) shall now account for the recombination mechanism up to the PR . At every PR indeed, the actual bit scores are evaluated as in (5) and, for each bit k, added to the bit scores evaluated during the previous PRs. Thus, the output of the equivalent BIOS channel is now the aggregate bit score
collects the per-round bit scores of the coded bit k up to PR and q
, 1} is the puncturing vector, that is,
if bit k has been transmitted at round i, otherwise 0 if it has been punctured. In turn, the aggregate PDS at round is given by
Then, after some algebra, the PEP using bit-level combining at the receiver results as
Let us now define the CMGF of the bit score L
where the expectation is done w.r.t. all the random variables, and rely on the following assumption:
A2) the pattern q The above is motivated by the fact that at each PR, a random subset of the coded bit is selected among the ones at the input of the puncturing device. As a consequence of A2, the puncturing pattern can be designated as q ( ) =[ q (1) , · · · , q ( ) ] T . Then, exploiting the law of total probability, from (14) , the CMGF (17) turns out to be 
Following the line of reasoning about the no bit combining case previously recalled [28] , in case of sufficiently long interleaving and linear binary code, the per-round bit scores ( ) k are, to a practical extent, i.i.d RVs and independent of q ( ) . Hence, resorting to the so-called Gaussian approximation, the PEP can be approximated by [31] 
where d is the Hamming distance between b ( ) and b ( ) andŝ represents the saddle point, withŝ = 1/2 for BIOS channels [31] . The above expression (20) can be seen as the PEP of an equivalent coded BPSK system operating over AWGN channel with SNR equal to −κ ( ) L (ŝ). Thus, using (19) and exploiting the first equality in (7), we can eventually define the aggregate effective SNR, or αESNR for short, as
is the ESNR relevant to
the ith HARQ round, derived in [23] and reported in (7).
In conclusion, (21) can be property rearranged, leading to the result stated in the following.
Theorem 1 The αESM ( ) α can be lower-bounded as
where r ( ) is the coding rate employed at PR , 1 ≤ ≤ L,
and
(24)
Proof See Appendix A. Fig. 3 
Remark In order to evaluate the tightness of the lower bound of in Theorem 1, the relative error δ α ( )
is the set of the allowable MCSs, a few comments are now discussed. and R ( −1) related to the previous ( − 1)th step, (ii) together with the κESNR γ ( ) , which is evaluated at the current th PR according to (7) , based on the current SNRs ϒ ( ) and MCS ϕ ( ) . Accordingly, σ ( ) ( ) α , R ( ) can be defined as the "state" of the HARQ scheme we are processing. Hence, the αESNR ( ) α at the th PR depends only on the state σ ( −1) (related to the past retransmissions up to the ( − 1)th one), the current SNRs ϒ ( ) , both known at PR at the transmitter, and the MCS ϕ ( ) , which stands for the optimization parameter to find in order to improve the link performance. Thus, the αESM can be written as
Updating
), whereas the κESM in (7) can be expressed as γ ( ) (ϕ ( ) |ϒ ( ) ). The update recursion is depicted in Fig. 4 , where the selector output is (x, y, a) = γ ( ) ,
The PER performance of the MIMO BIC-OFDM system over frequency-selective fading channel with HARQ and packet combing mechanism can be approximated up to round as
) is the PER of the equivalent coded binary BPSK system over AWGN channel operating at SNR
It can be noted that such PER is a 
j=0 , thus meaning that the aggregate ESNR of the HARQ mechanism is obtained as expected by accumulating the ESNRs evaluated at each PR.
Link adaptation for EGP optimization
In this section, we first derive the EGP expression under a HARQ mechanism according to the αESM concept. Then, in order to choose the modulation and coding parameters, we formulate a per-round αESM-based LA strategy, which optimizes the GP performance metric.
Expected goodput formulation
Capitalizing on the results gained in the previous section, let us now derive the expression of the EGP metric at the generic PR . Toward this end, we resort to the renewal theory [24] , which was first introduced in [32] to analyze the throughput performance of a HARQ system, under the assumptions of error-and delay-free feedback channel and infinite-length buffer.
As an initial step, let us assume that at the th PR, the system has previously experienced − 1 unsuccessful packet transmission attempts and there are still L − + 1 PRs available. Then, let us define a renewal event as the following occurrence: the system stops transmitting the current packet because either an ACK is received or because the PR limit L is reached. Let X ( ) i be independent identically distributed non-negative RVs, denoting the time elapsed between the renewal event i and i + 1, i.e., the inter-renewal time, and Z ( ) i a sequence of independent positive random rewards earned at every renewal event.
Theorem 2 (Renewal Reward Theorem, [24]) The longtime average reward Y ( ) (t) per unit of time satisfies
Proof From the renewal theory [24] .
Remark Theorem 2 states that the accumulated reward over time equals the ratio between the expected reward E Z ( ) i and the expected time E X ( ) i in which such reward is earnead.
In light of Theorem 2 and the αESM model derived in Section 3.3, the EGP metric can be formulated as follows.
Theorem 3 The EGP at the th PR for the HARQ-based system is
represents the the probability of unsuccessful packet decoding (UPD) within the retry limit L,
i=1 is the time spent in the previous − 1 failed attempts, and
is the expected delivery time, with The following remarks are now in order.
Thanks to long-term static channel assumption:
A3) at PR , each packet experiences the current channel condition ϒ ( ) ) over its possible future
Therefore, at the th PR, the ESNRs
are only function of ϕ ( ) given the status (σ ( −1) , ϒ ( ) ), i.e., we can write
2. Assumption A3 may seem counterintuitive. Indeed, if the channel does not change, there would not be the need to adapt the MCS at each retransmission. However, the channel does change from PR to PR and, everytime, the corresponding metric is fed back to the transmitter (see assumption A1). The latter exploits this information to evaluate the EGP and adapt the MCS for the current retransmission. As a matter of fact, it is only for the sake of evaluating the EGP that the channel is assumed, during the following PRs, to be constant and equal to the current one, so as to obtain a manageable expression for the EGP. 3. The UPD expression (28) is obtained assuming independent PER among the PRs, even though they are related by the recursive αESM expression. Such an assumption is confirmed in Section 5, where numerical results obtained over realistic wireless channels show that the proposed LA strategy, optimizing the EGP, outperforms the best LA known so far.
4. Recalling remark 1) and approximating the αESM
) with the lower bound given by Theorem 1, we have
Expression (31) can be simply shown by induction upon noting that, due to remark 1), we have ϕ ( +j) = ϕ ( ) and hence r ( +j) = r ( ) and
Thus, remark 4) paves the way for the following proposition. (28) and (29) , the EGP (27) turns into
Proposition 1 Upon plugging (31) into
It is worth noting that:
1. In view of the normalization by the OFDM signal bandwidth W, the EGP in (32) can be read as a spectral efficiency metric measured in (bit/s/Hz); 2. Due to (31) , it is apparent that the EGP depends on the MCS only, which has to be optimized according to the AMC optimization problem (OP) outlined in the next section.
Goodput-oriented-AMC (GO-AMC) OP
The AMC OP whose objective function is given by the EGP (32) is summarized in the following proposition.
Proposition 2 (GO-AMC) The GO-AMC OP consists at each PR in searching for the best MCS ϕ ( )
o that maximizes the EGP (32) according to
The OP (35) can be easily solved through an exhaustive search over all the pairs of modulation order and coding rate ϕ ∈ D ϕs . Since all the quantities to be evaluated have a closed-form expression, it can be pointed out that the complexity of the GO-AMC OP simply reduces to O(|D ϕs |) = O(|D m | · |D r |), i.e., linear with the allowable MCS pairs.
Simulation results
Numerical simulation tests have been carried over typical wireless links between a generic eNodeB-UE pair to verify the effectiveness of the proposed LA algorithm when the proposed HARQ scheme is applied. The list of parameters/features of both the MIMO BIC-OFDM system and the wireless channel adopted for the simulations are reported in Tables 1 and 2, respectively, whereas  Table 3 reports the list of acronyms. In the following, for simplicity and w.l.g., we assume the header size N h = 0, so that the number of bit to code turns to be N s = N p +N CRC ; see Table 1 . Specifically, we consider an LTE-compliant eNodeB based on turbo parallel concatenated convolution code (PCCC) with mother code 1/3 and rate matching mechanism [33] , giving rise to the equivalent coding rates listed in the set D r of Table 1 . The performance metric is evaluated as a function of the average symbol energy-tonoise spectral density ratio E s /N 0 , and obtained averaging over 10 3 independent channel realizations. The performance of the proposed algorithm is compared against that of the best known LA algorithms published in the literature that also account for the HARQ mechanism, as outlined hereafter. The benchmark algorithm [20] , tagged as HARQ EESM (H-EESM), selects the best MCS that maximizes the EGP by exploiting the EESM method to predict the link performance. The second one, tagged as HARQ MIESM (H-MIESM), was originally suggested in c , ∀m ∈ D m , depending on the modulation order. Figure 5 depicts the actual normalized GP, i.e., the number of error-free received information bits per second per Hz, for the GO-AMC approach employing the proposed αESM method against the H-MIESM and H-EESM, for the single-input single-output (SISO) case. It is apparent that the αESM outperforms both the H-MIESM and H-EESM, offering a gain of about 4 and 7.5 dB w.r.t. to the former and the latter, respectively, at 4 bit/s/Hz. In particular, the αESM approach, when compared with the H-MIESM, shows a considerable gain in the medium SNR region; thanks to a more flexible AMC strategy, allowing the change of the MCS among different retransmissions of the same failed packet. On the other side, at low-and high-SNR regions, there is no room for improvements, as both the strategies select the most and the less efficient MCS, respectively, thus achieving the same performance. However, the αESM, w.r.t. the H-MIESM, has the appealing property of having a closed-form solution, thereby trading off efficiency and complexity together. The gain of the proposed αESM method scales when the number of antennas is increased as well, as shown in Figs. 6 and 7 , for the SM-MIMO configurations 4 × 4 and 8 × 8, respectively. Specifically, a gain of around 12 dB is obtained for the 8 × 8 scheme at 30 bit/s/Hz. The number of the resources (i.e., the subchannels) available at each PR significantly increases if the number of antennas increases too. Since, differently from the other methods, the αESM one is applied at each PR, the latter is able to exploit this increment of resources enabling higher GP levels which scale with the number of antennas. In order to shed light on the improved performance achieved by the proposed method, Fig. 8 quantifies the complementary cumulative distribution function (CCDF) of the discrete RV ξ ( ) r ( ) · m ( ) , which is the data rate per subcarrier, related to the selected MCS at each PR, for the αESM and H-MIESM, at E s /N 0 = 8.8 dB in the SISO case with uniform bit loading. At the first PR, the probability of selecting a more spectral efficient MCS, i.e., a higher data rate, is slightly greater for the αESM. In the following PRs, this probability even greatly increases for the latter model, which has the possibility to change the MCS on a per-PR basis given the current "memory" σ ( −1) and CSI. Conversely, as previously observed, also the H-MIESM model applies the recombination mechanism, though it keeps the initial MCS along all the retransmissions of the same packet, thus resulting to be more conservative. The above can be considered the key reason why the actual GP obtained by the proposed more flexible αESM is considerably greater, as corroborated by the previous Figs. 5, 6 and 7. Finally, we outline the computational complexity of the proposed method. To this end, we take as the reference the proposed αESM method and the H-EESM, since they represent the best and worst case, respectively, as apparent from Figs. 5, 6 and 7. The H-EESM method has a closed form and is based on the logarithm of a sum of negative exponential functions, as can be seen in Eq. (15) of [20] . Also, the αESM method, for a given PR, has a closed form and is based on the logarithm of a sum of negative exponential functions, as can be seen from Eq. (8) , and the recursive Eq. (22) . The complexity required by the recursive equation can be considered negligible when compared to the evaluation of the corresponding ESNR, in that the functions g(·, ·) and f (·, ·) defined in (24) can be properly calculated using a look-up table. Therefore, their computational complexity at each PR can be considered comparable. The only difference is that, while the H-EESM is evaluated only at the first PR, the αESM is re-evaluated PR by PR. Thus, its complexity increases linearly with the number of PRs. Since this Fig. 8 Per-round CCDF of the per-subcarrier data rate
that after some algebra can be rearranged as
Then, considering that the last two terms within the curly brackets of (39) correspond to e − ( ) α , and e − j=1 γ (j) e − ( ) α ≤ 1 as the coding rate is increasing, we end up
where we exploit the relationship R ( ) = r (1) due to (23) and the assumption of increasing coding rate. In the case the coding rate is not increasing up to the th PR, i.e., r (j) ≤ r (j−1) , 1 ≤ j ≤ , the set of puncturing patterns at the th PRs turns into 
with probabilities 
that after some algebra can be rearranged as 
Then, considering that the last two terms within the curly brackets of (44) correspond to e − ( ) α , we end up with
where R ( ) = r ( ) due to the assumption of decreasing coding rate.
B. Proof of Theorem 3
In order to prove Theorem 3, let us first map the quantities the renewal-reward theorem relies on, that is, the interarrival times X 
where the first term on the right hand side (RHS) is the time elapsed over the previous − 1 failed transmissions, which is a known quantity at the th PR; T u ϕ (j) is defined in Eq. (30) , whereas ≤ i ≤ L is a RV depending on the number of packet transmissions after which the renewal event happens. Besides, since we are interested in correctly receiving the N p information bits out of the N Before proceeding further, let us introduce A k as the event of receiving an ACK at round k,Ā k as the event of receiving a NACK at round k and R k as the event of having a renewal event after round k. Accordingly, the probability of R k is
and, since a renewal event always happens when the retry limit L is reached,
On the other hand, defining N k as the event of not receiving ACKs in k attempts, with 1 ≤ k ≤ L, the more manageable probability Pr(N k ) can be introduced,
It easily follows that
with Pr(N 0 ) 1. Therefore, in order to evaluate (26), we get that
where P UPD (L − ) Pr(N +j ) j=L− stands for the probability of not receiving an ACK within the remaining L − PRs, and
.
Evaluation of (53) would require the knowledge of the channel p.d.f. for all the possible cases of interest, which is unrealistic in practice. Therefore, as usual in these cases [20, 21] ,let us adopt the long-term static channel assumption given as A3, i.e., the packet experiences the current channel conditions ϒ ( ) throughout its possible future retransmissions. in (53), and, accordingly, ϕ ( +j) = ϕ ( ) , implying T u (ϕ ( +j) ) = (j + 1)T u (ϕ ( ) ), ∀j ∈ {0, · · · , L − }. Finally, upon plugging (51)-(53) in (26) after the substitutions listed above, the EGP formulation (27) follows.
